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7.2.3.1.8
Receipt of the Release Message

If the REL message is received and a final response (i.e. 200 OK (INVITE)) has already been sent, the I-MGCF shall send a BYE message. 

NOTE:
According to SIP procedures, in the case that the REL message is received and a final response (e.g. 200 OK (INVITE)) has already been sent (but no ACK request has been received) on the incoming side of the I-MGCF then the I-MGCF does not send a 487 Request terminated response and instead waits until the ACK request is received before sending a BYE message.

If the REL message is received and the final response (i.e. 200 OK (INVITE)) has not already been sent, the I-MGCF shall send a Status-Code 4xx (Client Error), 5xx (Server Error) or 6xx (Global Failure) response. The Status code to be sent is determined by examining the Cause value received in the REL message. Table 9 specifies the mapping of the cause values, as defined in ITU-T Recommendation Q.850 [38], to SIP response status codes. Cause values not appearing in the table shall have the same mapping as the appropriate class defaults according to ITU-T Recommendation Q.850 [38].

Table 9: Receipt of the Release message (REL)

	(SIP Message
	( REL

	Status code
	Cause indicators parameter

	404 Not Found
	Cause value No 1 (Unallocated (unassigned) number)

	604 Does not exist anywhere
	Cause value No 2 (No route to specified transit network)

	604 Does not exist anywhere
	Cause value No 3 (No route to destination)

	500 Server Internal error
	Cause value No 4 (Send special information tone)

	404 Not Found
	Cause value No 5 (Misdialled trunk prefix)

	486 Busy Here
	Cause value No 17 (User busy)

	480 Temporarily unavailable
	Cause value No 18 (No user responding)

	480 Temporarily unavailable
	Cause value No 19 (No answer from user (user alerted))

	480 Temporarily unavailable
	Cause value No 20 (Subscriber absent)

	603 Decline IF location field is set to user ELSE 403 Forbidden
	Cause value No 21 (Call rejected)

	410 Gone
	Cause value No 22 (Number changed)

	410 Gone
	Cause value No 23 (Redirection to new destination)

	433 Anonymity Disallowed (NOTE 1)
	Cause value No 24 (Call rejected due to feature at the destination)

	483 Too Many Hops
	Cause value No 25 (Exchange routing error)

	480 Temporarily unavailable
	Cause value No 26 (Non-selected user clearing)

	502 Bad Gateway
	Cause value No 27 (Destination out of order)

	484 Address Incomplete
	Cause value No 28 (Invalid number format (address incomplete))

	501 (Not Implemented)
	Cause value No 29 (Facility rejected)

	487 Request Terminated
	Cause value No 31 (Normal, unspecified) 
(class default) (NOTE 2)

	486 Busy here if Diagnostics indicator includes the (CCBS indicator = CCBS possible)

else 503 Service Unavailable (NOTE 3)
	Cause value No 34 (No circuit/channel available)

	500 Server Internal error
	Cause value No 38 (Network out of order)

	503 Service Unavailable (NOTE 3)
	Cause value No 41 (Temporary failure)

	503 Service Unavailable (NOTE 3)
	Cause value No 42 (Switching equipment congestion)

	500 Server Internal error
	Cause value No 43 (Access information discarded)

	503 Service Unavailable (NOTE 3)
	Cause value No 44 (Requested channel not available)

	500 Server Internal error
	Cause value No 46 (Precedence call blocked)

	503 Service Unavailable (NOTE 3)
	Cause value No 47 (Resource unavailable, unspecified) 
(class default)

	488 Not acceptable here
	Cause value No 50 (Requested facility not subscribed)

	603 Decline
	Cause value No 55 (Incoming class barred within Closed User Group (CUG))

	603 Decline
	Cause value No 57 (Bearer capability not authorised)

	503 Service Unavailable (NOTE 3)
	Cause value No 58 (Bearer capability not presently available)

	501 (Not Implemented)
	Cause value No 63 (Service option not available, unspecified)
(class default)

	500 Server Internal error
	Cause value No 65 (Bearer capability not implemented)

	501 Not Implemented
	Cause value No 69 (Requested facility not implemented)

	501 Not Implemented
	Cause value No 70 (Only restricted digital information capability is available)

	501 Not Implemented
	Cause value No 79 (Service or option not implemented, unspecified) 
(class default)

	403 Forbidden
	Cause value No 87 (User not member of Closed User Group (CUG))

	606 Not Acceptable
	Cause value No 88 (Incompatible destination)

	403 Forbidden
	Cause value No 90 (Non existing Closed User Group (CUG))

	500 Server Internal error
	Cause value No 91 (Invalid transit network selection)

	500 Server Internal error
	Cause value No 95 (Invalid message, unspecified)
(class default)

	501 Not Implemented
	Cause value No 97 (Message type non-existent or not implemented)

	501 Not Implemented
	Cause value No 98 (Message not compatible with call state or message type non-existent or not implemented)

	501 Not Implemented
	Cause value No 99 (Information element/parameter non-existent or not implemented)

	504 Server timeout
	Cause value No 102 (Recovery on timer expiry)

	501 Not Implemented
	Cause value No 103 (Parameter non-existent or not implemented, passed on)

	501 Not Implemented
	Cause value No 110 (Message with unrecognised parameter, discarded)

	400 Bad Request
	Cause value No 111 (Protocol error, unspecified)
(class default)

	500 Server Internal error
	Cause value No 127 (Interworking, unspecified)
(class default)

	NOTE 1:
Anonymity Disallowed, IETF RFC 5079 [77] refers

NOTE 2:
Class 0 and class 1 have the same default value.
NOTE 3: 
No Retry-After header field shall be included.


A Reason header field containing the received (Q.850) Cause Value of the REL shall be added to the SIP final response or BYE request sent as a result of this subclause. The mapping of the Cause Indicators parameter to the Reason header is shown in Table 9a. IETF RFC 6432 [115] describes the use of the Reason header field in responses. The Reason header field itself is described in IETF RFC 3326 [116].
Table 9a: Mapping of Cause Indicators parameter into SIP Reason header fields

	Cause indicators parameter field
	Value of parameter field
	component of SIP Reason header field
	component value

	–
	–
	protocol
	"Q.850"

	Cause Value
	"XX" (NOTE 1)
	protocol‑cause
	"cause = XX" (NOTE 1)

	–
	–
	reason‑text
	Should be filled with the definition text as stated in ITU-T Recommendation Q.850 [38].
(NOTE 2)

	NOTE 1: 
"XX" is the Cause Value as defined in ITU-T Recommendation Q.850 [38].

NOTE 2:
Due to the fact that the Cause Indicators parameter does not include the definition text as defined in Table 1/Q.850 [38], this is based on provisioning in the I-MGCF.


As a network option, an I-MGCF may generate an Error-Info header field according to rules and procedures of IETF RFC 3261 [19] to provide media instead of the in-band media received from the PSTN.
If the I-MGCF supports the PSTN XML body as a network option, the I-MGCF shall map the Access Transport Parameter received in the REL into PSTN XML elements as shown in Table 9aa and include this PSTN XML body in the SIP final response or BYE.
Table 9aa: Mapping of ISUP Parameters into PSTN XML elements 

	(4xx,5xx,6xx or BYE
	(REL

	PSTN XML 
	ISUP Parameter
	Content

	ProgressIndicator
	Access Transport Parameter
	Progress indicator

	HighLayerCompatibility (NOTE)
	
	High layer compatibility

	LowLayerCompatibility (NOTE)
	
	Low layer compatibility

	NOTE: 
The I-MGCF shall only provide this IE if it interworks media encoded in any of the formats in Table 2a (G.711, Clearmode, or t38) without transcoding,


* * * Next Change * * * *

7.2.3.2.12
Receipt of Status Codes 4xx, 5xx or 6xx 
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Figure 21: Receipt of Status codes 4xx, 5xx or 6xx

If a Reason header as described in IETF RFC 6432 [115] is included in a 4xx, 5xx, 6xx response, then the Cause Value of the Reason header shall be mapped to the ISUP Cause Value field in the ISUP REL message. The Reason header field itself is described in IETF RFC 3326 [116]. The mapping of the Reason header to the Cause Indicators parameter is shown in Table 8a (see subclause 7.2.3.1.7). Otherwise coding of the Cause value field in the REL message is derived from the SIP Status code received according to Table 18. The Cause Indicators Parameter Values are defined in ITU-T Recommendation Q.850 [38]. 

In all cases where SIP itself specifies additional SIP side behaviour related to the receipt of a particular INVITE response these procedures should be followed in preference to the immediate sending of a REL message to BICC/ISUP. 

If there are no SIP side procedures associated with this response, the REL shall be sent immediately.

NOTE
Depending upon the SIP side procedures applied at the O-MGCF it is possible that receipt of certain 4xx/5xx/6xx responses to an INVITE may in some cases not result in any REL message being sent to the BICC/ISUP network. For example, if a 401 Unauthorized response is received and the O-MGCF successfully initiates a new INVITE containing the correct credentials, the call will proceed.
Table 18: 4xx/5xx/6xx Received on SIP side of O-MGCF

	(REL (cause value)
	(4xx/5xx/6xx SIP Message

	Cause value No 111 (Protocol error, unspecified)
	400 Bad Request

	Cause value No 127 (Interworking, unspecified)
	401 Unauthorized

	Cause value No 127 (Interworking, unspecified)
	402 Payment Required

	Cause value No 79 (Service or option not implemented, unspecified)
	403 Forbidden

	Cause value No 1 (Unallocated (unassigned) number)
	404 Not Found

	Cause value No 127 (Interworking, unspecified)
	405 Method Not Allowed

	Cause value No 127 (Interworking, unspecified)
	406 Not Acceptable

	Cause value No 127 (Interworking, unspecified)
	407 Proxy authentication required

	Cause value No 102 (Recovery on timer expiry)
	408 Request Timeout

	Cause value No 22 (Number changed)
	410 Gone

	Cause value No 127 (Interworking, unspecified)
	413 Request Entity too long

	Cause value No 111 (Protocol error, unspecified)
	414 Request-URI too long

	Cause value No 127 (Interworking, unspecified)
	415 Unsupported Media type

	Cause value No 111 (Protocol error, unspecified)
	416 Unsupported URI scheme

	Cause value No 79 (Service or option not implemented, unspecified)
	417 Unknown Resource-Priority

	Cause value No 111 (Protocol error, unspecified)
	420 Bad Extension

	Cause value No 111 (Protocol error, unspecified)
	421 Extension required

	Cause value No 31 (Normal, unspecified)
	422 Session Interval Too Small

	Cause value No 127 (Interworking, unspecified)
	423 Interval Too Brief

	Cause value No 24 (Call rejected due to feature at the destination)
	433 Anonymity Disallowed (NOTE 1)

	Cause value No 127 (Interworking, unspecified)
	440 Max-Breadth Exceeded

	Cause value No 20 (Subscriber absent)
	480 Temporarily Unavailable

	Cause value No 127 (Interworking, unspecified)
	481 Call/Transaction does not exist

	Cause value No 127 (Interworking, unspecified)
	482 Loop detected

	Cause value No 25 (Exchange routing error)
	483 Too many hops

	Cause value No 28 (Invalid number format (address incomplete))
	484 Address Incomplete

	Cause value No 1 (Unallocated (unassigned) number)
	485 Ambiguous

	Cause value No 17 (User busy)
	486 Busy Here

	Cause value No 31 (Normal, unspecified) or not interworked. (NOTE 2) (NOTE 4)
	487 Request terminated

	Cause value No 50 (Requested facility not subscribed)
	488 Not acceptable here

	Cause value No 127 (Interworking, unspecified)
	493 Undecipherable

	Cause value No 127 (Interworking, unspecified)
	500 Server Internal error

	Cause value No 79 (Service or option not implemented, unspecified)
	501 Not implemented

	Cause value No 27 (Destination out of order)
	502 Bad Gateway

	Cause value No 127 (Interworking, unspecified)
	503 Service Unavailable

	Cause value No 102 (Recovery on timer expiry)
	504 Server timeout

	Cause value No 127 (Interworking, unspecified)
	505 Version not supported

	Cause value No 127 (Interworking, unspecified)
	513 Message too large

	Cause value No 127 (Interworking, unspecified)
	580 Precondition failure

	Cause value No 17 (User busy)
	600 Busy Everywhere

	Cause value No 21 (Call rejected)
	603 Decline

	Cause value No 2 (No route to specified transit network)
	604 Does not exist anywhere

	Cause value No 88 (Incompatible destination)
	606 Not Acceptable

	NOTE 1:
Anonymity Disallowed, IETF RFC 5079 [77] refers.

NOTE 2:
No interworking if the O-MGCF previously issued a CANCEL request for the INVITE.

NOTE 3:
The 4xx/5xx/6xx SIP responses that are not covered in this table are not interworked.
NOTE 4:
As specified in 3GPP TS 24.628 [xxx] an AS may use early media for sending the announcement in‑band in an early dialog. If the announcement terminates before the originating user releases, then the AS will send a 487 response to end the session and the dialog with the originating user.


If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 4xx/5xx/6xx, the O-MGCF shall map the contained information into the Access Transport Parameter of the REL as shown in subclause 7.2.3.2.9.2.
When a 4xx, 5xx or 6xx SIP response to an INVITE request is received from the network containing an Error-Info header field, the O-MGCF, supporting the capabilities associated with the Error-Info header field, may instruct the IM-MGW to play out media available at the associated URL towards PSTN.
* * * End of Changes * * * *

�PAGE \# "'Page: '#'�'"  �� � HYPERLINK "http://www.3gpp.org/ftp/Information/DocNum_FTP_structure_V3.zip" ��Document numbers� are allocated by the Working Group Secretary.   Use the format of document number specified by the � HYPERLINK "http://www.3gpp.org/About/WP.htm" ��3GPP Working Procedures�.


�PAGE \# "'Page: '#'�'"  �� Enter the specification number in this box. For example, 04.08 or 31.102. Do not prefix the number with anything . i.e. do not use "TS", "GSM" or "3GPP" etc.


�PAGE \# "'Page: '#'�'"  �� Enter the CR number here. This number is allocated by the 3GPP support team.  It consists of at least four digits, padded with leading zeros if necessary.


�PAGE \# "'Page: '#'�'"  �� Enter the revision number of the CR here. If it is the first version, use a "-".


�PAGE \# "'Page: '#'�'"  �� Enter the version of the specification here. This number is the version of the specification to which the CR was written and (normally) to which it will be applied if it is approved. Make sure that the latest version of the specification (of the relevant release) is used when creating the CR. If unsure what the latest version is, go to � HYPERLINK "http://www.3gpp.org/3G_Specs/3G_Specs.htm" ��� � HYPERLINK "http://www.3gpp.org/specs/specs.htm" ��http://www.3gpp.org/specs/specs.htm�.


�PAGE \# "'Page: '#'�'"  �� For help on how to fill out a field, place the mouse pointer over the special symbol closest to the field in question.


�PAGE \# "'Page: '#'�'"  �� Mark one or more of the boxes with an X.


�PAGE \# "'Page: '#'�'"  �� SIM / USIM / ISIM applications.


�PAGE \# "'Page: '#'�'"  �� Enter a concise description of the subject matter of the CR. It should be no longer than one line, but if this is not possible, do not enter hard new-line characters.  Do not use redundant information such as "Change Request number xxx to 3GPP TS xx.xxx".


One or more organizations (3GPP Individual Members) which drafted the CR and are presenting it to the Working Group.


For CRs agreed at Working Group level, the identity of the WG.  Use the format "xn" where �	x = "C" for TSG CT, "R" for TSG RAN, "S" for TSG SA, "G" for TSG GERAN; �PAGE \# "'Page: '#'�'"  ���	n = digit identifying the Working Group; for CRs drafted during the TSG meeting itself, use "P". �Examples: "C4", "R5", "G3new", "SP".


�PAGE \# "'Page: '#'�'"  �� Enter the acronym for the work item which is applicable to the change. This field is mandatory for category F, A, B & C CRs for Release 4 and later. A list of work item acronyms can be found in the 3GPP work plan. See �� HYPERLINK "http://www.3gpp.org/ftp/Specs/html-info/WI-List.htm" ��http://www.3gpp.org/ftp/Specs/html-info/WI-List.htm� .


�PAGE \# "'Page: '#'�'"  �� Enter the date on which the CR was last revised.  Format to be interpretable by English version of MS Windows ® applications, e.g. 19/02/2006.


�PAGE \# "'Page: '#'�'"  �� Enter a single letter corresponding to the most appropriate category listed. For more detailed help on interpreting these categories, see Technical Report �HYPERLINK "http://www.3gpp.org/ftp/Specs/html-info/21900.htm"��21.900� "TSG working methods".


�PAGE \# "'Page: '#'�'"  �� Enter a single release code from the list below.


�PAGE \# "'Page: '#'�'"  �� Enter text which explains why the change is necessary.


�PAGE \# "'Page: '#'�'"  �� Enter text which describes the most important components of the change. i.e. How the change is made.


�PAGE \# "'Page: '#'�'"  �� Enter here the consequences if this CR were to be rejected. It is mandatory to complete this section only if the CR is of category "F" (i.e. correction), though it may well be useful for other categories.


�PAGE \# "'Page: '#'�'"  �� Enter the number of each clause which contains changes.   Be as specific as possible (ie list each subclause, not just the umbrella clause).


�PAGE \# "'Page: '#'�'"  �� Tick "yes" box if any other specifications are affected by this change.  Else tick "no".  You MUST fill in one or the other.


�PAGE \# "'Page: '#'�'"  �� List here the specifications which are affected and the CRs which are linked. This is particularly important where the affected specs belong to a different working group than that which will agree the present CR.


�PAGE \# "'Page: '#'�'"  �� Enter any other information which may be needed by the group being requested to approve the CR. This could include special conditions for it's approval which are not listed anywhere else above.





_1107615237.doc


O-MGCF







Status Code 4xx, 5xx or 6xx







REL












